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ABSTRACT: 

An integrated telephone call handling system and method are disclosed. The system comprises a 
unified software control for controlling a call between the system and a party, the unified control 
capable of transferring the call among functional partitions within the system, the functional 
partitions providing mechanized communication via the network and capable of directing 
communications between the party and a selected one of the functional partitions. The unified 
control includes a unified script language to allow unified scripting. of a call from inception to 
termination, including scripting of interaction between the party and an agent 
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Description 

[0001] This invention relates in general to agent- 
based telephone communication systems and more 
particularly to a computer-based system architecture 
that allows integration of voice, text, image and call 
processing with an agent-based call center, ail under 
control of a single, unified software control system. 
[0002] A prior art telephone answering system with in- 
tegrated voice and textual message storage is known 
from WO 90/03700. Further, EP-A-0501189 discloses a 
system for integrating telephony data with data process- 
ing systems. 

[0003] Over the years, various systems have been 
developed to operate in conjunction with public and pri- 
vate switching telephone networks to provide special- 
ized functions that lend power, versatility and efficiency 
to telecommunications. 

[0004] These various systems are designed to oper- 
ate on data in one or more of three general categories: 
voice, text and image. Together, these types of data en- 
compass all data currently desired to be processed or 
transmitted in communication systems. 
[0005] The above-described data can be processed 
or communicated in ways that can be generally catego- 
rized as 'mail' (also termed "store and forward"), 'inter- 
active' and "bulletin* systems. Mail systems allow a user 
to retrieve voice, text or images that have been exclu- 
sively addressed to the user. In such mail systems, it is 
typical to require the user to enter a unique password to 
gain access to the exclusively-addressed data. Interac- 
tive systems allow a user to control what data the inter- 
active system delivers to the user, and, perhaps, . in what 
order the data is delivered. Unlike mail systems, how- 
ever, the data need not be exclusively-addressed, and 
thus can be publicly available. Lastly, bulletin systems 
allow a user to retrieve publicly available information in 
a non -interactive, system-controlled fashion. 
[0006] One type of system directed to handling of data 
is automatic call distribution ("ACD"), wherein a pool of 
agents is assigned to answer calls incoming on a par- 
ticular group of telephone lines. ACD systems handle 
these calls as they arrive, assigning them to agents in 
the order received and choosing the agents based on 
length of idle time. This algorithm of queueing is called 
■fair queueing." Because human agents are present, 
such ACD systems are interactive. 
[0007] Another such system is audio text (or "audio 
tex"). Audio text system are designed to "play" a mes- 
sage stored in a memory device to a person listening on 
the other end of the call. These systems are generally 
not interactive and can be bulletin systems. 
[0008] Yet another such system is a modem pool. Mo- 
dem pool systems function in a manner similar to ACD 
systems. As a plurality of computers make incoming 
calls to a central pool of modems, typically attached to 
a single, large, general-purpose computer, the modem 
pool system assigns the incoming calls in a "fair queue- 



ing" manner. Such systems are also typically interactive. 
[0009] Still another such system is a predictive dialer. 
Predictive dialers are used in outbound calling applica- 
tions and typically in conjunction with a pool of agents. 
5 Predictive dialers employ statistical techniques to pre- 
dict the length of time, on average, agents take to handle 
calls. These dialers further gather statistics regarding 
the average time required to successfully connect an 
outbound call. The dialers use these averages and data 
. pertaining to agent availability to place calls from a list 
of numbers to be dialed, employing their predictive abil- 
ity to maximize agent utilization. These systems can be 
mail, interactive or bulletin. 

[0010] Another such system is voice mail. Voice mail 
allows callers to leave voice messages with those 
called. Voice mail systems typically play greeting mes- 
sages recorded by the called parties, record the time 
and origin of received messages and allow for callers to 
exit the system to speak with a human,. if desired. Ob- 
viously, voice mail systems are categorized as mail sys- 
tems. 

[0011] Another such system is facsimile ("fax"). This 
ubiquitous system has exploded onto the marketplace 
in recent years and, as is nearly universally understood, 
gives one the capability to send paper-bom e images by 
telephone. Such systems are image-based and can be 
implemented as mail, interactive or bulletin systems. 
[0012] Other image-based systems are adapted to 
handle graphics or moving images (video). As with fax, 
these graphics or moving image systems can be mail, 
interactive or bulletin. 

[0013] Still another system to be described is auto- 
matic number identification ("ANI") systems. These sys- 
tems are designed to take inbound calls and detect spe- 
cial signals delivered from a central office indicating the 
phone number of the calling party. Since the signals can 
uniquely identify the calling party, the call can then be 
routed to a specific agent or interactive voice response 
("I VR") application able to handle that caller, based upon 
caller identification. 

[0014] As useful ^and desirable as these individual 
systems are, they have always been thought of as inde- 
pendent systems that, at best, adhere to a common pro- 
tocol for interface and data interchange, allowing them 
to be attached to and cooperate with, telephone sys- 
tems, either separately or in combination. However, it 
should be understood that, in any case, these systems 
do not cooperate in any fashion apart from superficial 
connectivity via industry standard telephony connec- 
tions. Some manufacturers who happen to make more 
than one type of system may provide a proprietary in- 
terface or protocol between systems, but these propri- 
etary links are just that: cooperation at a connectivity 
level. 

[0015] Computer technology has worked itself into te- 
lephony as effectively as it has in so many other areas. 
Accordingly, oveMhe years, the above-described sys- 
tems have moved from the analog to the digital domain, 
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employing digital processors, memory, digital storage 
media, data and address buses and the like. As it is, 
each of these systems stands alone, each having its 
own computer hardware and software. A person wishing 
to use two systems together must live with the tact that 
the systems have independent hardware and software. 
[0016] Another disadvantage of the separate nature 
of the systems is that each collects call routing and other 
control data, including data collected during the course 
of its interaction with a party during a particular call. For 
instance, assume a system allowing for both ACD and 
voice mail such that incoming callers may choose to 
leave a message if all agents are busy. As a particular 
call begins, the ACD system elicits information from the 
caller pertaining to the reason for the call. Using dual 
tone multi-frequency ("DTMF"), ANI or voice recogni- 
tion, the ACD system captures and stores this informa- 
tion to direct the call to the proper agent or to prompt an 
agent ahead of time as to what is needed. 
[0017] The caller, however, may grow weary of wait- 
ing and wishes to exit the ACD queue. The ACD system 
allows for this by providing for an exit upon receipt of a 
particular tone. However, upon successfully exiting the 
ACD queue, the caller is once again prompted to supply 
the very same information to the voice mail system to 
thereby allow the voice mail system to coliect the need- 
ed information. The caller has had to give the same in- 
formation twice, owing to the lack of coordination be- 
tween the systems. 

[0018] Of course, if the systems are supplied by the 
same manufacturer, proprietary interfaces and proto- 
cols may allow transfer of the information.. But even if 
this disadvantage is overcome, the systems still dupli- 
cate hardware and software. As a particular application 
demands more and more functions, the problems of in- 
tegrating the various necessary systems become more 
acute and perplexing. 

[0019] Other problems abound. These systems, be- 
cause they stand alone, have separate maintenance 
consoles and control languages. The systems must be 
interconnected by cables that, as the number of cables 
grows, increases the chances of failure. The loose con- 
nectivity of these systems limits rates of data transfer 
between the systems. In fact, adjunct switching matrices 
are frequently required to perform ancillary switching 
tasks that would overload the main switching system, 
typically a private branch exchange ("PBX"). 
[0020] These systems frequently offer the option of 
providing reports and statistics concerning their opera- 
tion. These reports and statistics are frequently incom- 
patible and difficult to integrate. Most often, there is sim- 
ply no one place from which to obtain reports and sta- 
tistics. Because of the duplication of hardware and soft- 
ware, these systems are difficult to manage, they are 
larger and more costly than necessary, and they con- 
sume more power and produce more heat than is opti- 
mal. In short, integration of these various systems has 
been a long felt need in the art, but one that, thus far, 



has been met with dissatisfaction. 
[0021] Unfortunately, the prior art has failed to provide 
an effective means by which to integrate these systems 
under unified software control, allowing them to share 
s information and resources among themselves in a cost 
and time efficient manner. 

[0022] United States Patent. Application No. 
08/016,062, entitled "Method and Systems for Unified 
Voice Telephone Services" and filed on February 10, 

io 1993, which corresponds to EP-A-0615373, is directed 
to a unified system for handling voice, text and image 
data in a plurality of "functional partitions," each of which 
corresponds to one of the heretofore separate systems 
described above. That unified system is capable of in- 

15 terfacing with a telephone exchange via an integrated 
call-processing partition. 

[0023] Since the mid-1 970s, more and more compa- 
nies have taken advantage of interactive voice response 
("tVR") systems to. automate, and thereby reduce the 
20 cost of, providing information to their customers, em- 
ployees and others. 

[0024] IVR is actually an extension of audio text sys- 
tems. An IVR system allows callers to access computer- 
resident data such as account balances or stock prices 

25 through a standard telephone. The IVR system allows 
the caller to query for data using touch-tone signals, and 

* the result is returned as spoken words. Again, it is ob- 
vious that such systems are interactive and can be mail. 
[0025] These IVR systems have typically handled 

30 from 30% to 70% of incoming calls, with the remaining 
calls being transferred to live operators. When the calls 
reach the operators, the callers have generally already 
identified themselves by touch-tone entry of their ac- 
count number as well as a security code, perhaps as 

35 part of an interactive session wherein, for instance, the 
caller has obtained a balance of a checking account. As 
previously mentioned, customers justifiably find it ag- 
gravating and time consuming to have to re-identrfy 
themselves for the agent and then wait for the agent to 

40 request information from the host database. Companies 
that manufacture private branch exchange/automatic 
call distribution ("PBX/ACD") systems have sought for 
years to solve this problem by developing interfaces that 
allow the host application to better integrate the voice, 

45 text and image data components of the call. While these 
measures do provide a means of. solving the problem, 
there are several significant drawbacks to the solution. 
[0026] The first problem is that the host (or worksta- 
tion) application must be modified to take full advantage 

so of the PBX/ACD. Many companies have large sums of 
money, invested in«their host application and thus, even 
if they had sufficient staff to make such modifications, 
they are disinclined to do so. 

[0027] The second problem is that each PBX/ACD 
55 company has its own proprietary host communication 
link. While there are products, such as IBM's CallPath 
SwitchServer/2, that abstract differences between tele- 
phone or communication link switches, all switches do 
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not support all of the same functions. This means that 
the host software must still, in many cases, be config- 
ured to communicate with each type of switch being 
used, often requiring different switch drivers to take ad- 
vantage of each switch's functionality. 
[0028] The third problem is cost. Current solutions re- 
quire purchase of high-priced software for both the host 
computer (or workstations) as well as a high-priced soft- 
ware module for the PBX/ACD. Even after purchase of 
ail this software, there remains the expense of writing 
host or workstation software to create a solution. 
[0029] The fourth and possibly most significant prob- 
lem is the complexity of the solution. One must acquire 
expertise in 1) the host software, 2) the PBX/ACDsoft- 
ware, 3) the I VR software and 4) the voice mail software 
and then attempt to make it all work together well 
enough for the system to appear "seamless" to callers. 
[0030] Clearly, a solution is needed that does not re- 
quire any changes to the host computer or PBX software 
and provides a cost effective, single application soft- 
ware environment for controlling calls from start to finish 
regardless of what is required by the caller. 
[0031] U. S. Patent No. 4,797,911, which issued on 
January 10, 1989, to Szlam et al., discloses a method 
and apparatus for relieving the agent of the duty of ob- 
taining preliminary caller account information by auto- 
matically querying a host database at the beginning of 
a call. Szlam et al. also provide for on-line, direct updat- 
ing of the caller account information in the host compu- 
ter, thereby eliminating the need for consolidation of 
changes into the caller account file. This provides the 
agent with the most current information on the caller ac- 
count. More particularly, Szlam et al. provide an appa- 
ratus that automatically dials the telephone number of 
the caller or potential caller, ascertains the status of the 
called number and, if the call is answered, routes the 
call to the next available agent and automatically obtains 
the current caller account information from the main- 
frame and displays, at the agent's terminal, the current 
caller account information. The apparatus also provides; 
for automatic answering and routing of incoming calls to 
the next available agent along with caller account infor- 
mation retrieved from the mainframe. 
[0032] U. S. Patent No. 4,894,857, which issued on 
January 16, 1990, to Szlam et a!.,, is a continuation-in- 
part of the Szlam et al. patent described above and pro- 
vides for a similar method and apparatus for retrofitting 
and extending or upgrading an existing caller account 
servicing system to provide for automated handling and 
- processing of both incoming and outgoing calls. The 
system controller and terminals use the same command 
and data format structure as that already in use by the 
existing system and software of the mainframe. The sys- 
tem controller is transparent to the operation of the 
mainframe and the agent terminals and allows the sys- 
tem to be upgraded without the necessity of purchasing 
different software or programs for the mainframe. 
[0033] As mentioned above, the prior art has taken a 



piecemeal approach to voice, text, image and call 
processing systems, preferring to treat them as sepa- 
rate and distinct. In limited cases, particularly as illus- 
trated in the patents to Szlam et al., integration of data 
and call processing systems has been limited to super- 
ficial cooperation at a communications protocol level. 
The prior art has unfortunately failed to provide a seam- 
less, fully integrated voice-, text-and image-based sys- 
tem specifically designed to operate in conjunction with 
live agents to produce thereby a calling center that is 
able to be configured to function as a mail, interactive 
or bulletin system and is adaptable to a wide range of 
applications without requiring modification of either 
hardware of software. 

[0034] The present invention solves the foregoing 
problems and is directed to an improved call center con- 
figured as an integrated voice, text and image commu- 
nication system and providing for automated processing 
of inbound and outbound telephone calls. A key point of 
novelty of the present invention is its ability to connect 
callers to live agents when necessary, all the while re- 
taining unified software control of the interaction be- 
tween caller and agent via an agent script. As such, the 
present invention is the first to treat interaction with live 
agents as simply another type of functional partition. 
[0035] With the foregoing in mind, the present inven- 
tion provides an integrated telephone call handling sys- 
tem according to Claim 1 adapted to be coupled to (1) 
a telephone network to enable said system to commu- 
nicate via said network, (2) an agent workstation to en- 
able an agent to communicate with said system and (3) 
an agent telephone to enable said agent to communi- 
cate with a party via said system and said network, said 
system comprising: 

unified control means for controlling a call be- 
tween said system and said party, said unified control 
means capable of (1 ) transferring said call among func- 
tional partitions within said system, said functional par- 
titions providing mechanized communication via said 
network and (2)' directing communications between said 
party and a selected one of said functional- partitions, 

characterised 'in that said unified control means in- 
cludes a unified script language operable to generate a 
script from inception to termination of said call, said 
script including a first script for directing interaction be- 
tween said party and said system and a second script 
for directing interaction between said system and said 
agent. 

[0036] There are also provided an integrated tele- 
phone system according to Claim 7 and a control unit 
according to Claim 8. 

[0037] Thus, the present invention is the first to pro- 
vide for a way of scripting interactions with a live agent, 
thus treating the live agent as just another functional 
partition. In a preferred embodiment, the first script and 
the second script are able to communicate information 
between one another, all under common control. 
[0038] Another major advantage realized by integra- 
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tion of heretofore separate call handling functions is in- 
tegration of record-keeping during a particular call. Uni- 
fied scripting facilitates creation and maintenance of the 
single record. The record can contain data received 
from the caller or data generated by the system, includ- s 
ing its various functional partitions and any database. 
These single records can be cross-referenced to one 
another to thereby create a meta-record of an entire 
transaction with a particular caller, allowing auditing and 
" reporting of the entire transaction, rather than of just sin- 10 
gle calls within the transaction. 
[0039] In its preferred embodiment, the system of the 
present invention comprises an agent workstation cou- 
pled to the system, the workstation permitting commu- 
nication between the agent and the system. This permits is 
the agent to view portions of the call record to allow the 
agent to more effectively and efficiently serve the caller's 
needs. This also allows the agent to access data con- 
tained in a central database, existing as either part of 
the system itself, or as an external host database. 20 
[0040] As previously mentioned, the system of the 
present invention can be configured to communicate 
with callers in one or more of several system modes, 
depending upon the particular application. First, the sys- 
tem can operate as a mail system, wherein the system 25 
presents information intended for delivery to a particular 
caller to the particular caller (store and forward). Sec- 
ond, the system can act as an interactive system, 
wherein the system presents information to a caller in a 
manner determined by the caller (perhaps as part of an 30 
I VB). Finally, the system can be configured as a bulletin 
system, wherein the system presents information to call- 
er in a predetermined manner (perhaps as part of an 
audio text system). 

[0041 ] The preferred environment for operation of the 3S 
present invention is a communications system having 

(1) an agent for communicating with inquiring parlies, 

(2) a database of information pertaining to accounts of 
the parties and (3) call completion capability for termi- 
nating calls to a plurality of different call terminations, *o 
the terminations including automated data response for 
obtaining information from a selected one of the ac- 
counts. In that environment, the present invention pro- 
vides for a control unit for answering calls from the in- 
quiring parties and for directing any of the calls to a se- 
lected one of the call terminations, comprising (1) 
means for (a) interactively communicating with one of 

the parties to determine which call termination is re- 
quired, (b) establishing a first call termination with re- 
spect to the one of the parties and (c) transferring to the so 
first call termination any data obtained with respect to 
the one of the parties. The invention further provides (2) 
means for continuing to monitor established communi- 
cation connections to permit modification of the first call 
termination when the one of the parties desires connec- 55 
tion to a second call termination and (3) means for trans- 
ferring to the second call termination the any data ob- 
tained with respect to the one of the parlies and any data 
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obtained during the first call termination. 
[0042] Typically, the first call termination is a data re- 
sponse and the second call termination is to the agent. 
The system further including means, associated with the 
agent, for providing selected account information to the 
agent when the agent becomes connected to the one of 
the parties and the communicating means includes 
means for providing a preselected portion of the one of 
the parties's account data to the agent concurrent with 
the transferring of the second call termination to the 
agent, the preselected portion including a portion of the 
any data obtained with respect to the one of the parties. 
The monitoring means further includes means for mod- 
ifying a call termination at a direction of the one of the 
parties or any call termination. 

[0043] The present invention also includes methods 
of operation of such systems. 

[0044] In a typical application, incoming callers are 
provided typical account information in a VRU script that 
has been programed into the system. When a caller re- 
quests a live agent, such as by pressing "0" on a touch- 
tone telephone pad, the caller is routed to an ACD that 
allows calls to be held pending agent availability. The 
ACD can provide selected call-back when an agent be- 
comes available or at a specific future time. When an 
agent becomes available, the call is connected and the 
caller's host computer session is immediately switched 
to the agent's workstation screen so that the selected 
agent can answer the call armed with specific informa- 
tion pertaining to the caller 

[0045] The foregoing has outlined rather broadly the 
features and technical advantages of the present inven- 
tion in order that the detailed description of the invention 
that follows may be better understood. Additional fea- 
tures and advantages of the invention will be described 
hereinafter that form the subject of the claims of the in- 
vention. It should be appreciated by those skilled in the 
art that the conception and the specific embodiment dis- 
closed may be readily used as a basis for modifying or 
designing other structures for carrying out the same pur- 
posesof the present invention. It should also-be realized 
by those skilled in the art that such equivalent construc- 
tions do not depart from the spirit and scope of the in- 
vention as set forth in the appended claims. 
[0046] For a more complete understanding of the 
present invention, and the advantages thereof, refer- 
ence is now made to the following descriptions taken in 
conjunction with the accompanying drawings, in which: 

FIGURE 1 illustrates a prior art method for servicing 
callers; 

FIGURE 2 illustrates a prior art method for automat- 
ically servicing callers; 

FIGURE 3 illustrates a prior art conventional call 
center; 

FIGURE 4 illustrates a call center according to the 
present invention; and 

FIGURE 5 illustrates a system architecture of the 
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present invention. 

[0047] Referring to FIGURE 1 , illustrated is a prior art 
system for servicing of caller accounts on either an in- 
coming or outgoing basis. The system is comprised of 
PBX 11 attached to subscriber public network 10. A call- 
er account representative, or agent, will employ tele- 
phone 12, that is connected to PBX 11 , and data termi- 
nal 1 3, that is connected to host mainframe 1 4. Host 1 4 
contains a database of caller account information. 
[0048] In this system, customers calls from public net- 
work 10 are received by PBX 11 and subsequently 
transferred to telephone 12 so that the caller account 
representative may speak with the caller. The caller ac- 
count representative will access caller account informa- 
tion from host 14 through data terminal 13. 
[0049] The caller account representative may also 
place outgoing calls to public network 10 through PBX 
11 . In performing this task, the agent must manually re- 
trieve caller account information from host 1 4 through 
terminal 1 3 and manually dial on telephone 1 2 the call- 
er's telephone numberand wait for the caller to answer. 
Of course, there may be a plurality of agents with data 
terminals connected to host 14 and telephones connect- 
ed to PBX 11 in order to receive and place telephone 
calls to customers. 

[0050] Referring next to FIGURE 2, there is shown the 
next evolution in systems for servicing caller accounts. 
In this improved version, robot agent 20 is also placed 
between PBX 11 and host mainframe 14. Now, when an 
incoming all from public network 10 is received by PBX 
1 1 , it is initially transferred to robot agent 20 that controls 
an IVR for interacting with the caller according to a pre- 
defined script programed within robot agent 20. The re- 
sult is that the caller may converse with robot agent 20 
using his touchtone keypad on his telephone for re- 
sponding to requests by robot agent 20. The caller is 
thereby allowed to access a menu of options including 
entering his account identification number. Robot agent 
20 uses this account identification number and other in- 
formation retrieved from the caller to access the caller's 
account in host mainframe 14. The resuft is that the call- 
er, using his touchtone keypad, may access account in- 
formation from host mainframe 14 through robot agent 
20 without ever having to speak to a live agent. 
[0051] Robot agent 20 may also have a voice recog- 
nition unit that allows a caller to simply speak his re- 
quests and responses to the voice recognition unit that 
uses this information when accessing host mainframe 
14. 

[0052] Robot agent 20 has the capability to transfer 
the caller to a live agent if the caller is using a rotary 
telephone and is thus unable to enter information with 
a touchtone keypad, or robot agent 20 has the ability to 
transfer the caller to a live agent at the caller's request, 
such as when the caller enters on his touchtone keypad 
a menu option requesting a live agent. In these instanc- 
es, robot agent 20 will essentially place a transfer of the 



call through PBX 11 to telephone 12. 
[0053] The problem with such a system is that any 
caller information retrieved by robot agent 20 is not 
passed to data terminal 1 3 when the call is transferred 

5 to telephone 1 2. The caller is then required to again pro- 
vide caller account information to the live agent at data 
terminal 13 so that he may request the caller account 
information from host mainframe 14. 
[0054] In another embodiment of this prior system, 

10 shown in FIGURE 3, host 14 may be coupled to the sys- 
tem through public network 10. In this system, a call 
coming from public network 1 0 into PBX 1 1 will be trans- 
ferred to a voice response unit ("VRU") 31 that uses host 
gateway 32 to connect to host 1 4 through public network 

15 10 in order to access caller account information within 
host 14. If the caller wishes to speak to a live agent, the 
call will be transferred from VRU 31 through PBX 11 to. 
one of telephones 12A, 12B or 12C at caller stations 
1 3A, 1 3B or 1 3C, respectively. For example, the. call 

20 could be transferred to telephone 1 2A. Simultaneously, . 
a "short screen" of information received by VRU 31 from 
the caller is sent through PBX and gateway 34 to termi- 
nal 13A, that subsequently establishes a data link with 
host 14 through gateway 33. The agent will then use 

25 terminal 1 3A to access caller account information within 
host 14. 

[0055] Outbound calls may also be placed by an 
agent at one of the workstations. Dialer 35 may be used 
to automatically call. customers through public network 
30 10, which calls will be answered by VRU 31 as previ- 
ously described. If necessary, the call may be trans- 
ferred to a live agent in the manner previously de- 
scribed. 

[0056] A caller may also request that a transfer be 

35 made to voice mail 36 in order to leave a message for 
a particular party if a live agent is not available. 
[0057] In both incoming and outgoing processes, 
VRU 31 may transfer a short screen of information to 
the data terminals while transferring the caller to one of 

40 the live agents. The data terminals will then request the 
full caller account information through host gateway 33. 
[0058] It should be noted that the above-described 
systems all require several separate pieces of hardware 
and equipment in order to implement such a system. Ad- 

45 ditionally, once the call is transferred to a live agent, the 
call ends there and may not be transferred back to VRU 
31 or any other function or resource such as another 
agent, a facsimile card, a modem, audio text, etc. 
[0059] Referring next to FIGURE 4, there is shown an 

so integrated voice, text and image data automation sys- 
tem of the present invention providing all the functional- 
ity needed to automate processing of inbound and out- 
bound telephone calls including connecting callers to ro- 
bot agents or five agents. Call center 40 is physically 

55 connected to workstations 13A, 13B and 13C via LAN 
and to agent telephones 12 A, 12B and 12C either di- 
rectly or via an existing PBX (not shown). Call center is 
also shown directly connected to host computer 14, that 
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may be a group of computers interconnected via LAN. 
Call center 40 does not require software changes in the 
host or PBX for integrations. Call center 40 is.also con- 
nected to public network 10 that provides interconnec- 
tions to caller telephones 41 . Host 1 4 may be connected 
to call center 40 through public network 10 (connection 
not shown). 

[0060] Referring next to FIGURE 5, there is shown a 
typical implementation of the present invention. Appli- 
cations manager 51 manages the various resources 
available within call center 40. 

[0061] IVR 53 allows all caller calls or DNIS/DlD-di- 
rected calls to enter an IVR script upon answer. This 
script may be a standard package or a caller defined 
application. As an example, a call from a caller originat- 
ing within public network 10 will be received by telco in- 
terlace 501 within call center 40. Alternatively, call cent- 
er 40 may be connected to public network 10 through 
PBX 11. 

[0062] The caller call arriving at interface.501 is trans- 
ferred through voice channel architecture 57 to IVR 53 
for interaction with the caller. The caller may interact with 
IVR 53 for retrieving information on the caller's account 
and also access any other information that IVR 53 is 
configured to offer. At times, IVR 53 may request infor- 
mation from host 14 through architecture 57 and host 
interface 502. This retrieved information may then be 
transferred to the caller. As previously described, IVR 
53 may provide a menu of options to the call, who may 
choose from this menu by pressing digits on his touch- 
tone keypad. 

[0063] Calling center 40 also has the capability for al- 
lowing callers to receive requested information via fax. 
For example, while the caller is interacting with IVR 53, 
the caller may request that a facsimile of desired infor- 
mation be faxed to a caller provided telephone number. 
This option may be provided by IVR 53 via a menu op- 
tion selectable by the caller using his touchtone tele- 
phone keypad. In such a situation, IVR 53 will retrieve 
the caller requested information from host 1 4 in the man- 
ner previously described and transfer this information 
over voice channel architecture 57 to shared resources 
block 58 that includes the fax functionality of call center 
40. At the caller's direction, IVR 53 will also transfer over 
architecture 57 to block 58 the telephone number of the 
receiving facsimile machine at the caller's premises. 
This transfer of information to block 58 by IVR 53 may 
be accomplished while IVR 53 is still conducting an in- 
teractive conversation with the caller or after IVR 53 has 
completed an interactive communication with the caller 
whereby the facsimile functionality within block 58 will 
fax the requested information through voice channel ar- 
chitecture 57 and telco interface 501 to public network 
10 wherein the caller's receiving facsimile machine is 
located. 

[0064] Call center 40 may also provide a voice mail 
system for allowing caller callers to leave messages to 
a particular person, such as a caller representative 



agent when no agents are available. In such an in- 
stance, IVR 53 may provide an option to the caller to be 
transferred to voice mail 52 in order to leave a message. 
This option may be selected by the caller by pressing a 
s particular digit on his touchtone keypad. At that in-, 
stance, IVR 53 will transfer the call over voice channel 
architecture 57 to voice mail 52, which will then interact 
with the caller. 

[0065] If IVR 53 recognizes that the caller does not 
io have the use of a touchtone telephone, IVR 53 may 
transfer the call through voice channel architecture 57 
to block 58 that contains voice recognition functionality 
whereby the same menu options and procedures of- 
fered by IVR 53 are offered with voice recognition capa- 
15 bilities so that a caller may merely speak responses to 
inquiries as opposed' to entering the responses with a 
touchtone keypad. A caller using a rotary phone may 
also be transferred to a live agent in a manner to be 
described. 

20 [0066] If the caller has a computer (not shown) and 
wishes to interface with call center 40 using that com- 
puter, IVR 53 may transfer the call through voice chan- 
nel architecture 57 to block 58 that has a modem for 
interfacing with the caller's computer in basically the 

25 same manner as IVR 53 interacts with the caller's per- 
son. Menu options are supplied to the caller through his 
computer display, and the caller enters responses using 
his computer keyboard. 

[0067] If the caller is hearing impaired and has access 

30 to a telephone device for the deaf ("TDD"), IVR 53 will 
transfer the caller through voice channel architecture 57 
to block 58 that also contains the capability of interacting 
with a TDD in the same manner that the modem inter- 
acts with a caller's computer. 

35 [0068] Call center 40 contains the ability to transfer 
the caller to a live agent when one is requested, such 
as when the caller presses 0 on his touchtone keypad. 
When a live agent is requested, the caller is placed in 
ap automatic call distribution ("ACD") smart queue with- 

40 in agent's controller module 56 that allows holding or 
selecting a call back when an agent is available or at a 
specific future time. Callers are provided the estimated 
hold time and given the option of remaining in queue or 
specifying a later call back. Additionally, calls may be 

45 directed to live agents using DNIS or DID to agent ACD 
groups with an optional prompt for account number to 
allow automatic host access prior to connection to an 
agent. Calls to specific extensions may be made and 
voice mail 52 may be accessed il all agents are busy or 

50 there is a ring no-answer when an agent is requested. 
A "short screen" containing data obtained by the initial 
IVR script may be displayed for the agent while the host 
is retrieving the full record. The call center then makes 
a voice, text and image data connection to the live agent. 

55 [0069] The call center supports dialing out from caller 
lists using a pacing algorithm. When an answer occurs, 
an agent is selected, and an IVR script displays a "short 
screen" and requests the full record from the host sys- 
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tern. 

[0070] An agent may transfer a call to another agent 
or supervisor. This is handled by the call center IVR 
script in the same manner as. a transfer from the initial 
IVR script to the ACD queue, establishing a voice, text s 
and image data session for the recipient of the call. 
[0071] The call center supports transferring calls to 
other remote locations by selecting an outbound trunk 
line and dialing another location using a DNIS that acti- 
vates an IVR script on the receiving end of the call. The 10 
caller's identification is passed to the receiving end IVR 
script that, in turn, establishes a host session for a local 
agent. The initial call center location then holds up the 
voice connection until the call is completed. 
[0072] The call center supports conferencing-in an- 15 
other agent or supervisor, with voice, text and image da- 
ta available to both operators. 

[0073] A live agent uses workstation 1 3 connected to 
call center 40 through workstation interface 504 and op- 
tional 31 7X controller 505, if needed. Workstation 1 3 is 20 
used to access host 14. 

[0074] The live agent also uses telephone 12 that is 
connected to call center 40 with phones/PBX interface 
503. The phones may be directly connected to interface 
503 or through optional PBX 11 . 25 
[0075] If a caller requests a live agent, IVR 53 will 
transfer the call through voice channel architecture 57 
to agenfs controller module 56 to be placed in an ACD 
queue. Once a live agent is available, the caller will be 
switched through voice channel architecture 57 to inter- 30 
face 503 and phone 12. At that time, agent's controller 
module 56 may send a short screen of information 
through architecture 57 and interface 504 to workstation 

13 in order that the live agent may have immediate ac- 
cess to the caller's account number and other brief in- 35 
formation that has been given to IVR 53 by the caller. 
Call center 40 will then retrieve the full caller account 
information from host 14 that will be downloaded to 
workstation 1 3. While these last two tasks are being per- 
formed, the live agent is already speaking to the caller *o 
through telephone 1 2. 

[0076] If required, the live agent may transfer the call- 
er to any of the. previously described functions, including 
IVR 53, voice mail 52 and fax 58 in order to further serv- 
ice the caller's needs. Call center 40 contains the capa- *s 
bility of perpetually transferring the caller to any of the 
functions within call center 40. As the call is transferred,^ 
caller account information is also transferred to the des- 
tination thus obviating the need to repeatedly ask the 
caller for the information. 50 
[0077] Workstation 13 may be placed into a normal 
mode through workstation 504, architecture 57 and host 
interface 502 whereby workstation 1 3 interacts with host 

14 in a normal host session. In this instance, phone 12 
operates as a normal PBX extension. In a campaign 55 
mode, the live agent's workstation 1 3 and phone 1 2 are 
driven by an IVR script contained in call center 40. Once 

a live agent logs into workstation 13 into a campaign 
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mode, call center 40 makes a telephone call through in- 
terface 503 to telephone 1 2 providing a permanent con- 
nection between call center 40 and telephone 1 2. The 
agent then stands by for transfers of caller callers to 
workstation 13 and phone 12. 

[0078] Call center 40 also supports dialing outbound 
from caller lists using a pacing algorithm within predic- 
tive dialing module 55. In this process, predictive dialing 
module 55 begins dialing outbound over interface 501 
to public network 10. As calls are answered, a call 
progress monitor within predictive dialing module 55 de- 
termines the status of the outgoing line such as ringing, 
busy signals, out-of-service signals and answers. This 
continues until a jive caller is reached whereby predic- 
tive dialing module 55 determines the availability of any 
live agents attached to call center 40. If no live agents 
are available, the call may be transferred to IVR 53 to 
interact with the caller in the manner previously de- 
scribed. Or, the caller may be placed in an ACD queue 
within agent's module 56 that allows holding or selecting 
a call back when an agent is available or at a specific 
future time, as previously described. 
[0079] If and when a live agent becomes available, 
call center 40 makes a voice connection to the live agent 
through architecture 57, interface 503 and phone 12. A 
data connection to the live agent is made through work- 
station interface 504 to workstation 13. As previously 
described, an IVR script within IVR 53 transfers a 'short 
screen" of caller information to workstation 13 and re- 
quests the full record through host interface 502 from 
host 1 4 for subsequent transfer to workstation 1 3. The 
live agent may then interact with the caller and subse- 
quently transfer the caller to any of the other function 
modules within call center 40. A live agent may also 
transfer a call to another live agent or supervisor th rough 
. interface 503 and interface 504. The already retrieved 
data is then transferred to the new workstation where 
the audio portion of the call has been transferred. 
[0080] Call center 40 also supports transferring calls 
to remote locations by selecting an outbound trunk line 
through interface 501 and dialing another location using 
a DNIS that activates an IVR script on the receiving end 
of the call. The caller's identification is passed to the re- 
ceiving end IVR script, that, in turn, establishes a host 
section for a local agent. The initial call center's location 
then holds up the voice connection until the call is com- 
pleted. 

[0081] The call center supports two methods of pro- 
viding PBX functionality to the agents. For small groups 
of up to 48 stations, 2,500 telephone instruments can 
be connected directly to the call center. Very basic PBX 
service is supported, including station-to-station calls, 
station-to-trunk calls, trunk-to-station calls and call 
transfers. 

[0082] For larger groups, or where full-feature PBX 
support is required, the call center connects digitally via 
T1/E1 transmission lines to many popular PBX systems. 
When agents wish to enter a call center ACD group, they 
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log on into a campaign and a connection is "mailed up" 
through the PBX, allowing the call center to control cam- 
paign call switching. 

[0083] The call center supports digital connectivity to 
the telephone network via standard T1 transmission 
lines in the U.S. and El internationally. ISDN primary rate 
protocol is supported and is certified in many countries. 
Additionally, loop-start analog connections are support- 
ed. 

[0084] Call center 40 also supports conferencing-in 
another agent or supervisor on a call, with voice, text 
and image data available to both operators. 
[0085] Although the present invention and its advan- 
tages have been described in detail, it should be under- 
stood that various changes, substitutions and altera- 
tions can be made herein without departing from the 
scope of the invention as defined by the appended 
claims. 



Claims 

1. An integrated telephone call handling system 
adapted to be coupled to a telephone network (10) 
to enable said system to communicate via said net- 
work (10), to an agent workstation (1 3) to enable an 
agent to communicate with said system and to an 
agent telephone (12) to enable said agent to com- 
municate with a party via said system and said net- 
work (10), said system comprising: 

unified control means (40) for controlling a call 
between said system and said party, said unified 
control means (40) capable of transferring said call 
among functional partitions (52-56) within said sys- 
tem, said functional partitions (52-56) providing 
mechanized communication via said network (10) 
and capable of directing communications between 
said party and a selected one of said functional par- 
titions (52-56), characterized in that said unified 
control means (40) includes 

a unified script language operable to 
generate a script from inception to termination, of 
said call, said script including a first script for direct- 
ing interaction between said party and said system 
and a second script for directing interaction be- 
tween said system and said agent. 

2. The system as recited in claim 1 further comprising 
a dialer (55) to thereby allow said system to place 
outbound calls to a third party. 

3. The system as recited in claim 1 wherein said uni- 
fied control means (40) resides within a common 
memory and is under control of a common proces- 
sor (14), said unified control means (40) capable of 
controlling said mechanized communication. 

4. The system as recited in claim 1 wherein said sys- 



tem is adapted to interact with a host computer (14) 
to thereby allow said system to retrieve data from a 
database within said host computer, said data em- 
ployable in said communication with said party. 

s 

5. The system as recited in claim T further comprising: 

means for creating a single record containing 
data gathered during said call; and 

10 means for storing data pertaining to said call in 

said single record throughout a duration of said 
call, said data gathered from said functional 
partitions (52-56) within said system, wherein 
a particular datum is gathered only once during 

is said call. 

6. The system as recited in claim 1 wherein said agent 
workstation (1 3) is capable of displaying portions of 
said record to said agent. 

20 

7. An integrated telephone system, comprising: 

a telephone line coupling said system with a tel- 
ephone network (10) to thereby allow commu- 
25 nication between, said system and parties via 

said network (10); 

a plurality of functional partitions (52-56) within 
a common memory and under control of a com- 
mon processor (14), said functional partitions 
30 (52-56) capable of providing mechanized com- 

munication with said parties via- said system 
and said network (10), said communication 
comprising data selected from the group con- 
sisting of: voice, text and image data; 
35 a plurality of agent workstations (1 3) and agent 

telephones (12) coupled to said system, said 
workstations (13) and telephones (12) capable 
of providing communication between agents 
and said parties vja said system and said net- 
40 work (10); 

a unified controller (40) within said system for 
controlling calls between said system and said 
parties, said unified controller (40) capable of 
transferring said calls among said functional 
4S partitions (52-56) and agent workstations. (1 3) - 

and telephones (12), capable of directing com- 
. municadons between said parties and said 
functional partitions (52-56) and capable of di- 
, recting communications between said system 
so and said agent workstations (1 3) and agent tel- 

ephones (1 2), characterized in that said unified 
controller (40) includes 

a unified scripj language operable 
to generate a script from inception to termina- 
ls tion of said call, said script including a first script 
for directing interaction between said party and 
said functional partitions (52-56) and a second 
script for directing interaction between said 
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system and said agent; and 
wherein said unified controller (40) further com- 
prising: 

an interactive voice response (IVR) unit 
(53) for communicating with said party to 
determine a required call termination 
(52-56); 

means for establishing a first call termina- 
tion between said party and one of said 
functional part it ions. (52, 54-56); 
means for monitoring an established call 
connection between said party and said 
first termination (52,54-56) to permit mod- 
ificationof said connection when said party 
desires connection to a second call termi- 
nation (52,54-56); and 
means for establishing a second call termi- 
nation between said party and another of 
said functional partitions (52,54-56). 

8. A control unit (40) for answering calls from inquiring 
parties and for directing any of said calls to a select- 
ed one of functional partitions (52-56) in a commu- 
nications system having an agent telephone (12) 
and an agent workstation (1 3) for enabling an agent 
to communicate with inquiring parties, a database 
of information pertaining to accounts of said parties 
and call completion capability for connecting calls 
to a plurality of different functional partitions (52-56) 
within said system, said functional partitions (52-56) 
including automated data response for obtaining in- 
formation from a selected one of said accounts, the 
control unit being characterized by: 

automated voice means (53) having a unified 
script language including- a first script control- 
ling interactive communications with one of 
said parties to determine which functional par- 
tition (52,54-56) is required and a second script 
for controlling interactive communications with 
said agent; 

means for establishing a connection between 
a first functional partition (52,54-56) and said 
one of said parties; 

means for transferring to said first functional 
partition (52,54-56) any data obtained with re- 
spect to said one of said parties; 
means for continuing to monitor established 
communication connections to permit modifica- 
tion of said connection with said first functional 
partition (52,54-56) when said one of said par- 
ties desires connection to a second functional 
partition (52,54-56); and 
means for transferring to said second functional 
partition (52,54-56) said any data obtained with 
respect to said one of said parties. 



9. A control unit as recited in claim 8 wherein said first 
functional partition (52,54-56) is a data response 
and wherein said second functional partition 
(52,54-56) is said agent workstation (56), said sys- 

5 tern further including means, associated with said 
agent workstation (56), for providing elected ac- 
count information to said agent when said agent be- 
comes connected to said one of said parties and 
wherein said automated voice means includes 

10 means for providing a preselected portion of said 
one of said parties' account data to said agent work- 
station (56) concurrent with said transferring to said 
agent, said preselected portion including a portion 
of said any data obtained with respect to said one 

is of said parties. 



Patentanspruche 

20 t. Ein integriertes System fur die Abwicklung von Te- 
lefonanrufen, das zur Ankoppelung an ein Telefon- 
netz (1 0) angepaBt ist, urn diesem System die Kom- 
munikation Ober dieses Netz (10) zu ermogiichen, 
ein Vermittler-Aiteitsplatz flS), der einer Vermitt- 

25 lungsperson die Kommunikation mit diesem Sy- 
stem ermoglicht, und ein Verminiungstelefon (12), 
das der Verm itt lungsperson die Kommunikation mit 
einem Teilnehmer uber dieses System und dieses 
Netz (10) ermoglicht, wobei dieses System eine 

30 vereinheitlichte Steuerung (40) zur Steuerung ei- 
nes Anrufs zwischen dem System und dem Teilneh- 
mer umfaGt, wobei die vereinheitlichte Steuerung 
(40) fahig ist, den Anruf auf Funktionsabschnitte 
(52-56) innerhalb des Systems umzulegen, wobei 

3S die Funktionsabschnitte (52-56) eine mechanisierte 
Kommunikation uber das Netz (10) ermogiichen 
und Nachrichten zwischen dem Teilnehmer und ei- 
nem aus den Funktionsabschnitten (52-56) ausge- 
. wahlten Abschnitt leiten konnen, dadurch gekenn- 

40 zeichnet, daB die erwahnte vereinheitlichte Steue- 
rung (40) eine vereinheitlichte Protokollsprache 
einschlieBt, die zur Erzeugung eines Protokolls 
vom Anfang bis zur Beendigung der Verbindung 
verf ugbar ist, wobei dieses Protokoll ein erstes Pro- 

45 tokoll zur Abwicklung des Dialogs zwischen dem 
Teilnehmer und dem System und ein zweites Pro- 
tokoll zur Abwicklung des Dialogs zwischen dem 
System und der Verm itt lungsperson einschlieBt. 

so 2. System nach Anspruch 1, das ferner eine Wahlein- 
richtung (55) umfaGt, die das System befahigt, her- 
ausgehende Anrufe an Dritte zu vermitteln. - 

3.- System nach Anspruch 1 , wobei die vereinheitlichte 
55 Steuerung (40) in einem gemeinsamen Speicher 
untergebracht ist und von einem gemeinsamen 
Prozessor ( 1 4) gesteuert wird, wobei die vereinheit- 
lichte Steuerung (40) zur Steuerung der mechani- 
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sierten Kommunikation befahigt ist. 

4. System nach Anspruch 1 , wobei dieses System fur 
den Dialog mit einem Host Computer (14) angepaGt 

ist, um das System zum Abrulen von Daten aus ei- s 
ner im Host Computer vomandenen Datenbank zu 
befahigen, wobei diese Daten in der Kommunikati- 
on mit dem Teilnehmer verwendbar sind. 

5. System nach Anspruch 1 , das wetter eine Einrich- *o 
tung zur Herstellung einer Einzelaufzeichnung um- 
faBt, die alle wahrend der Verbindung gesammelten 
Daten enthalt, und eine Einrichtung zur Speiche- 
rung von verbindungsbezogenen Daten in dieser 
Einzelaufzeichnung uber die gesamte Verbin- is 
dungsdauer, wobei die erwahnten Daten aus den 
Funktionsabschnitten (52-56) innerhalb des Sy- 
stems gewonnen werden und ein bestimmtes Da- 
tum nur einmal wahrend der Verbindung auf genom- 
men wird. 20 

6. System nach Anspruch 1 , wobei der Vermittler-Ar- 
beitsplatz (13) an die Vermittlungsperson Teile der 
erwahnten Aufzeichnung wiedergeben kann. 

25 

7. Ein integriertes Telefonsystem, bestehend aus ei- 
ner Telefonleitung, die das System an ein Telefon- 
netz (1 0) ankoppelt und dadurch die Kommunikati- . 
on zwischen dem System und Teilnehmern uber 
das erwahnte Netz (10) ermoglicht; einer Vielzahl. 30 
von Funktionsabschnitten (52-56), die innerhalb ei- 
nes gemeinsamen Speichers untergebracht sind 
und von einem gemeinsamen Prozessor (14) ge- 
steuert werden, wobei diese Funktionsabschnitte 
(52-56) in der Lage sind, eine mechanisierte Kom- -35 
munikation mit den Teilnehmern uber das System 
und das Netz (10) abzuwickeln und wobei die Kom- 
munikation Daten umfaGt, die aus einer Sprache, 
Text und Bilddaten umfassenden Gruppe ausge- 
wahlt sind; einer Vielzahl von Vermittler-Arbeitsplat- *o 
zen (1 3) und Vermittlungstelefonen (12), die an das 
System angekoppelt sind, wobei durch diese Ar- 
beitsplatze (13) und Telefone (12) die Kommunika- 
tion zwischen Vermittlungspersonen und den er- 
wahnten Teilnehmern Ober das System und das *5 
Netz (10) abgewickelt werden kann; einer verein- 
heitlichten Steuerung (40) innerhalb des Systems 

zur Steuerung der Anrufe zwischen dem System 
und den Teilnehmern, wobei diese vereinheitlichte 
Steuerung (40) die Anrufe zwischen den Funktions- so 
abschnitten (52-56) und Vermittler-Arbeits-platzen 
(13) und Vermittlungstelefonen (12) umlegen kann, 
Nachrichten zwischen den Teilnehmern und Funk- 
tionsabschnitten (52-56) leiten kann und Nachrich- 
ten zwischen dem System und den Vermittler-Ar- ss 
beitspiatzen (13) und Vermittlungstelefonen (12) 
leiten kann, dadurch gekennzeichnet, daR diese 
vereinheitlichte Steuerung (40) eine vereinheitlich- 
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te Protokollsprache einschlieBt, die zur Erzeugung 
eines Protokolls vom Anfang bis zur Beendigung 
der Verbindung verfugbar ist, wobei dieses Proto- 
koll ein erstes Protokoll zur Abwicklung des Dialogs 
zwischen dem Teilnehmer und den Funktionsab- 
schnitten (52-56) und ein zweites Protokoll zur Ab- 
wicklung des Dialogs zwischen dem System und 
der Vermittlungsperson einschlieBt, und wobei die- 
se vereinheitlichte Steuerung (40) ferner eine inter- 
aktive Sprachausgabeeinheit (IVR) (53) zur Kom- 
munikation mit dem Teilnehmer fur die Bestimmung 
einer erforderlichen Rufschaltung (52-56); ein Mittel 
zur Herstellung einer ersten Rufschaltverbindung 
zwischen dem Teilnehmer und einem der erwahn- 
ten Funktionsabschnitte (52,54-56); ein Mittel zur 
Oberwachung dieser Rufverbindung zwischen dem 
Teilnehmer und dieser ersten Rufschaltung 
(52,54-56), um eine Anderung dieser Verbindung 
zu ermoglichen, wenn der Teilnehmer eine Verbin- 
dung zu einer zweiten Rufschaltung (52,54-56) 
wunscht und ein Mittel zur Herstellung einer zwei- 
ten Rufschaltung zwischen dem Teilnehmer und ei- 
nem weiteren der erwahnten Funktionsabschnitte 
(52,54-56) umfaBt. 

8. Eine Steuerungseinheit (40) zur Beantwortung der 
Anrufe von anfragenden Teilnehmern und zur Wei- 
terleitung so.lcher Anrufe zu einem aus Funktions- 
abschnitten (52-56) ausgewahlten Abschnitt in ei- 
nem Kommunikationssystem, das mit einem Ver- 
mittlungstelefon (12) und einem Vermittlungs-Ar- 
beitsplatz (13) ausgestattet ist, um einer Vermitt- 
lungsperson die Kommunikation mit anfragenden 
Teilnehmern zu ermoglichen, ferner mit einer Da- 
tenbank ausgestattet ist, die Iniormationen uber die 
Kundenkonten dieser Teilnehmer enthalt und mit 
Rufschaltverbindungsmdglichkeiten zur Weiterlei- 
tung von Anrufen an eine Vielzahl verschiedener 
Funktionsabschnitte (52-56) innerhalb des Sy- 
stems, wobei diese Funktionsabschnitte (52-56) 
automatische Datenabruf moglichkeiten zum Abruf 
von Informationen uber ein ausgewahltes Kunden- 
konto aufweisen, wobei diese Steuerungseinheit 
(40) gekennzeichnet ist durch automatische 
Spracheinrichtungen (53) mit einer vereinheitlich- 
ten Protokollsprache einschlieBlich eines ersten 
Protokolls zur Steuerung der interaktiven Kommu- 
nikation mit einem der erwahnten Teilnehmer, um 
festzustellen, welcher der Funktionsabschnitte 
(52,54-56) erforderlich ist und eines zweiten Proto- 
kolls zur Steuerung der interaktiven Kommunikati- 
on mit der erwahnten Vermittlungsperson; ein Mittel 
fur die Herstellung einer Verbindung zwischen ei- 
nem ersten Funktionsabschnitt (52,54-56) und ei- 
nem dieser Teilnehmer; ein Mittel fOr die Weiterlei- 
tung von Daten, die bezuglich eines der erwahnten 
Teilnehmer erlangt wurden, an diesen ersten Funk- 
tionsabschnitt; ein Mittel fur die lortgesetzte Uber- 
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wachung der hergestellten Kommunikationsverbin- 
dungen, urn eine Anderung dieser Verbindung mit 
diesem ersten Funklionsabschnitt (52,54-56) zu er- 
moglichen, wenn einer der Teilnehmer eine Verbin- 
dung zu einem zweiten Funktionsabschnitt 5 
(52,54-56) wunscht und ein Mitte! zur Weiterleitung 
von Daten, die bezuglich eines dieser Teilnehmer 
erlangt wurden, an den erwahnten zweiten Funkti- 
onsabschnitt (52,54-56). 

10 

9. Eine Steuerungseinheit gemaG Anspruch 8, wobei 
dieser erste Funktionsabschnitt (52,54-56) eine Da- 
tenantwort ist und wobei dieser zweite Funktions- 
abschnitt (52,54-56) dieser Vermittlungs-Arbeits- 
platz (56) ist und wobei das erwahnte System ferner '5 
dem Vermittlungs-Arbeitsplatz (56) zugeordnete 
Mrttel umfaflt, urn der Vermittlungsperson ausge- 
wahlte Kundeninformationen bereitzustellen, wenn 
die Vermittlungsperson mit einem dieser Teilneh- 
mer verbunden wird und wobei diese automatische 20 
Spracheinrichtung ein Mittel umfaBt, urn an den 
Vermittlungs-Arbeitsplatz (56) einen vorgewahlten 
Teil der Kundendaten von diesem Kundenkonto 
weiterzuleiten, gleichzeitig mit der Weiterieitung an 
die Vermittlungsperson, wobei dieser vorgewahlte 25 
Teil einen Teil der bezuglich eines dieser Teilneh- 
mer erlangten Daten enthalt. 
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premier script destine a diriger interaction en- 
tre ledit abonne et ledit systeme et un deuxieme 
script destine a diriger I'interaction entre ledit 
systeme et ledit agent. 

2. Systeme selon la revendication 1, comportant en 
outre un numeroteur (55) afin permettre ainsi audit 
systeme de transferer des appels exterieurs vers 
un tiers. 

3. Systeme selon la revendication 1, dans lequel les- 
dits moyens de commande unifies (40) resident, 
dans une memoirs commune et sont sous la com- 
mande d'un processeur commun (14), lesdits 
moyens de commande unifies (40) etant capables 
de commander la communication mecanisee. 

4. Systeme selon la revendication 1 , dans lequel ledit 
systeme est prevu pour interagir avec un ordinateur 
note (14) afin de permettre ainsi audit systeme de 
recuperer des donnees d'une base de donnees 
dans, ledit ordinateur note, lesdites donnees pou- 
vant etre utilisees dans ladite communication avec 
ledit abonne. 

5. Systeme selon la revendication 1 , comportant en 
outre: 



Revendications 

1 . Systeme de traitement d'appel telephonique integre 
prevu pour etre relie a un reseau telephonique (10) 
afin de permettre audit systeme de communiquer 
par I'intermediaire dudit reseau (10), a un poste de 
travail d'agent (13) pour permettre a un agent de 
communiquer avec ledit systeme et a un telephone 
d'agent (12) pour permettre audit agent de commu- 
niquer avec un abonne par I'intermediaire dudit sys- 
teme et dudit reseau (10), ledit systeme 
comportant : 

des moyens de commande unifies (40) desti- 
nes a commander un appel entre ledit systeme 
et ledit abonne, lesdits moyens de commande 
unifies (40) etant capables de transferer ledit 
appel parmi les separations fonctionnelles (52 
a 56) dans ledit systeme, lesdites separations 
fonctionnelles (52 a 56) assurant une commu- 
nication mecanisee par I'intermediaire dudit re- 
seau (1 0) et etant capables de diriger des com- 
munications entre ledit abonne et une separa- 
tion choisie desdites separations fonctionnelles 
(52 a 56), caracterise en ce que lesdits moyens 
de commande unifies (40) comprennent 
un langage de script unifie pouvant fonctionner 
afin de generer un script depuis le debut jusqu'a 
la fin dudit appel, ledit script comprenant un 



des moyens destines a creer un unique enre- 
30 gistrement contenant des donnees recueillies 

pendant ledit appel; et 

des moyens destines a stocker des donnees 
■ concernant ledit appel dans ledit unique enre-" 
gistrement durant toute une duree dudit appel, 
35 lesdites donnees etant recueillies a partir des- 

dites separations fonctionnelles (52 a 56) dans 
ledit systeme, une donnee particuliere etant re- 
cueillie une seule fois pendant ledit appel. 

40 6. Systeme selon la revendication 1 , dans lequel ledit 
. poste de travail d'agent (13) est capable d'afficher 
des parties dudit enregistrement pour ledit agent. 

7. Systeme de telephone integre, comportant : 

45 

une ligne telephonique reliant ledit systeme a 
un reseau telephonique (10) afin de permettre 
ainsi une communication entre ledit systeme et 
des abonnes par I'intermediaire dudit reseau 

so (10); 

une pluralite de separations fonctionnelles (52 
a 56) dans une memoire commune et sous la 
commande d'un processejjr commun (14), les- 
dites separations fonctionnelles (52 a 56) etant 

ss capables d'assurer une communication meca- 

nisee avec lesdits abonnes par I'intermediaire 
dudit systeme et dudit reseau (10), ladite com- 
munication comportant des donnees choisies 
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dans le group e compose de: donnees vocal es, 
de texte et d'image; 

une pluralite de postes de travail d'agent (13) 
et de telephones d'agent (12) relies audit sys- 
teme, lesdits postes de travail (13) et telepho- 5 
nes (12) etant capables d'assurer une commu- 
nication entre des agents et lesdits abonnes 
par I' intermediate dudit systeme et dudit re- 
seau (10); 

un controleur unifie (40) dans ledrt systeme to 
destine a commander des appels entre ledit 
systeme et lesdits abonnes, ledit controleur 
unifie (40) 6tant capable de transferer lesdits 
appels parmi lesdites separations fonctionnel- 
les (52 a 56) et lesdits postes de travail d'agent is 
(13) et lesdits telephones (12), capable de din- 
ger des communications entre lesdits abonnes 
et lesdites separations fonctionnelles (52 a 56) 
et capable de dinger des communications entre 
ledit systeme et lesdits postes de travail d'agent 20 
(13) et lesdits telephones d'agent (12), 

caracterise en ce que le contrdleur unifie (40) com- 
prend 

25 

un lan gage de script unifie pouvant fonctbnner 
afin de gen6rer un script du debut a la fin dudit 
appel, ledit script comprenant un premier script 
destine a diriger Interaction entre ledit abonne 
et lesdites separations fonctionnelles (52 a 56) 30 
et un deuxieme script destine a diriger interac- 
tion entre ledit systeme et ledit agent; et 
ledit controleur unifie (40) comportant en outre : 

une unite (53) de reponse vocale interactive 3S 
' (I VR) destinee a communiquer avec ledit abon- 
ne afin de determiner une fin d'appel requise 
. (52 a 56); 

des moyens destines a etablir une premiere fin 
d'appel entre ledit abonne et une desdites se- 40 
parations fonctionnelles (52, 54 a 56); 
des moyens destines a surveiller une con- 
nexion etablie d'appel entre ledit abonne et la- 
dite premiere fin (52, 54 a 56) afin de permettre 
la modification de ladite connexion quand ledit 
abonne desire la connexion a une deuxieme firi 
d'appel (52, 54 a 56); et 
des moyens destines a etablir une deuxieme 
' fin d'appel entre ledit abonne et une autre des- 
dites separations fonctionnelles (52, 54 a 56). 

Unite de commande (40) destinee a repondre a des 
appels d'abonnes et destinee a diriger I'un quelcon- 
que desdits appels vers une separation choiste des 
separations fonctionnelles (52 a 56) dans un syste- ss 
me de communication ayant un telephone d'agent 
(12) et un poste de travail d'agent (1 3) afin de per- 
mettre a un agent de communiquer avec des abon- 



nes qui appellent, une base de donnees d'informa- 
tion concernant des comptes desdits abonnes et la 
capacite de realisation d'appel afin de relier des ap- 
pels a une pluralite de separations fonctionnelles 
diff erentes (52 a 56) dans ledit systeme, lesdites se- 
parations fonctionnelles (52 a 56) comprenant une. 
reponse automatisee de donnees afin d'obtenir de 
information d'un compte choisi desdits comptes, 
I'unite de commande etant caracterisee par : 

des moyens vocaux automatises (53) ayant un 
langage de script.unifie comprenant un premier 
script commandant des communications inte- 
ract ives avec un desdits abonnes afin de deter- 
miner quelle separation fonctionnelle (52, 54 a 
56) est exigee et un deuxieme script destine a 
commander des communications interactives 
avec ledit agent; 

des moyens destines a etablir une connexion 
entre une premiere separation fonctionnelle 
(52, 54 a 56) et ledit premier desdits abonnes; 
des moyens destines a transferer a ladite pre- 
miere separation fonctionnelle (52, 54 a 56) 
toutes les donnees obtenues par rapport audit 
premier desdits abonnes; 
des moyens destines a continuer a controler 
des connexions de communication etablies afin 
de permettre la modification de ladite con- 
nexion avec ladite premiere separation fonc- 
tionnelle (52, 54 a 56) lorsque ledit premier des- 
dits abonnes souhaite une connexion vers une 
deuxieme separation fonctionnelle (52, 54 a 
56); et 

des moyens destines a transferer a ladite 
deuxieme separation fonctionnelle (52, 54 a 
56) toutes donnees obtenues par rapport audit 
premier desdits abonnes. 

9. Unite de commande selon la revendication 8, dans 
laquelle ladite premiere separation fonctionnelle 
(52, 54 a 56) est une reponse de donnees et dans 
laquelle ladite deuxieme separation fonctionnelle 
(52, 54 a 56) est ledit poste de travail d'agent (56), 
ledit systeme comprenant en outre des moyens, as- 
soctes audit poste de travail d'agent (56), destines 
a procurer des informations de compte elu audit 
agent quand ledit agent est connecte audit premier 
desdits abonnes et dans laquelle lesdits moyens 
vocaux automatises comprennent des moyens des- 
tines a delivrer une partie preselectionnee desdites 
donnees de compte dudit premier desdits abonnes 
audit poste de travail d'agent (56) en meme que le- 
dit transfer! audit agent, ladite, partie preselection- 
nee comprenant une partie desdites donnees obte- 
nues par rapport audit premier desdits abonnes. 
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